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ABSTRACT

MELP {Mixed Excitation Linear Prediction) vocoder
produces milch improved voice quality compared with the
traditional LPC vocoder. A LPC synthesis filter which
mimics the vocal tract characteristies 15 excited with the
mixture of pulse and noise instead of either one alone,
This paper describes an implementation of MELFP which
uses the lifting wavelet transform in place of the handpass
filter bank required for sub-band division in the synthesis
and analysis of the MELP vocoder. The mixture ratio
between the pulse (voiced) and the noise (nnvolced) is
controlled individually in each of the 5 sub-hands consid-
ered in this wavelet transform. A new method to generate
an appraopriate glottal waveform is also desceribed. Tnoad-
dition, three kinds of luctuations ahserved in the steady
parts of voiced speech are incorporated to enbance the
natnralness of synthesized speech. This MELP vocoder
wad realized on a DSP system based on TRS320CE2 to
confirm the feasibility of real-time implementation.

. [INTRODUCTION

MELP vocoder as a speech codec is more advantageous
when the data rate is limited. Its voice quality is po-
tentially comparable to 4.8 kbps CELP {(Code Excited
Linear Predictive} vocoders, in apite that it rins at 2.4
kbps data rate [6]. The main concept of MELP vocoder
is to perform voiced funvoiced decision in each subband
and to generate excitation signals based on the decision,
Mixing periodic and aperiodic components in voiced ex-
citation signals contribntes to enhance the naturalness
of aynthesized apeech. In the MELP vocoder, uanally 5
stibbands arve considered to analyze their spectral come-
potents for the decision making, A filter bank consisting
of & bandpass filters are used for this purposs.  Sinee
the wavelet transform can efficiently divide speech sig-
nals into subband components, the filter bank can be
replaced by the wavelet transform. A fast algorithm of
the wavelet transform, lifting scheme [37, was employed
to perform the subband division in onr MELP imple-
mentation. The lifting scheme s snited partionlacly for
the real-time implementation of MELP vocoder becanse
of its computational efficiency. The phenomena of these
fluctuations and their signal models are presented in a
later section of this paper.

Another factor which significantly influences the voice

quality is the characteristics of glottal waveform [5, 6],
This paper mentions a new method to modify the trian-
milar pulse nsed in voiced excitation, so that its excita-
tion ratio that determines voice quality can be adjusted,
In order te improve the frequency characteristies of a
triangilar mulse which tends to degrade at high freguen-
cies, the random [ractalness observed in source signals
ohtained by LPC inverse filtering was added to the tri-
angilar pilse, In an aconstically clean environment, the
MELF vocoder works as a normal LPC vecoder, since
every subband tends to decide voiced speech as “voiced™
due to the high signal-te-noise ratio. Under such cir-
cumstances, the voice tends to he buzzer-like, In order
to mitizate this degradation, three kinds of fuctuations
which are always observed in the steady parts of voiced
speech were incorporated into cur MELP vocoder [1].

1[I, LiFTING WAVELET TRANSFORM

The lifting scheme is a last algorithm of the wavelet trans-
form [3]. Low-pass and high-pass filtering by convalu-
tion nsed in the classical wavelet transform procedure are
avoided, [nstead as shown in Fig. 1, the lifting scheme
follows the process of (1) splitting an original sequence
inta an even and an odd sequence, (2) subtracting the
prediction estimated by the even sequence from the odd
seqpience, and (3) updating the even sequence with the
estimate in crder to avoid aliasing effects [3]. Splitting
the even sequence results in Purther dividing the signal
into two anbbands, Applving this procedure make the
even sequence represent the coefficients of the sealing
function and the odd sequence to represent the wavelet
coefficients. The lifting scheme can reduce the computa-
tional redundancy involved in the classical scheme. Fur-
thermore, in-place caleulation can be performed Lo save
the extra memory needed to store the results of convo-
lution.  The sealing function and wavelet used in this
study s shown in Fig. 2. The prediction utilizes four
rdjacent even samples whose weights are (-1/16, 9/16,
9716, -1/16). This is called eubic interpolating wavelet
transform [4]. The lifting wavelet transform of cubic in-
terpolation requires B FLOPE (floating operationg] for
caleulating a coefficient of scaling function and a wavelet
coeflicient, while the clazsical implementation requires 17
FLOPS, Figure 3 shows the fregnency characteristics of
the five subbands divided by the lifting wavelel trans-
forem, Since the prediction wses only four even swnples,
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Fignre 11 Wavelet transform: [a) classical implementa-
tion, (L) lifting scheme.

(a) T LT
. 0.5 S\ .
3 S s A wera—

o 1 T
£ ) o8] A :
D [
0.5 - L. |

o6

Figure 2: Cubic interpolating wavelet transform: (a)
scaling lunetion, (1) wavelet.

subbands are not well separated, This prablem can be
resolved by increasing the number of samples used in the
prediction,  However, this leads to nereasing the com-
putation by the factor of two [3]. Priority is given to
computational efficiency over the precise subband divi-
sion for the sake of real-time implementation, Figure 4
shows the examples of the reconstructed signal in each
sinhbard.

Voiced funvoiced decision was made in each of the 5
subbands by evaluating the magnitude of normalized an-
tocorrelation function of the wavelet coefficients (level
—1 to =4} as well as the coefficients of scaling function
(helow level —4) allowing a lag of the estimated pitch pe-
riod [G]. Since the number of the samples available for the
alto-correlation caleulation is getting asmaller progres-
sively at lower levels, this also rednees the computation.
In order to enhance the robustness of the decision mak-
ing, a normalized antocorrelation function after rectify-
ing and smoothing the coeflicients was also attempted [6],
Smoothing was performed by a -G dB/oblave low-pass
flter. Pitch peried was estimated from the periocic-
ity in the antocorrelation function of the residual signal
smoothed by the same =6 dB/octave low-pass filter,

B 1EIl:IE' 2000 3c0a
frequency {Hz)

power spectrum (dB)
&

Figure 3: Frequency characteristics of five subbands,

111, MoDIFviNG TRIANGULAR PULSE BY RANDOM
FRACTAL INTERPOLATION

The signal model of the excitation signals for LPC
voeoders are defined as spectral —6 dB/octave in the
frequency domain, which includes —12 dB/octave glot-
tal and +06 dB/octave radintion characteristics from the
mauth .'EJ As mentioned in the literature [ﬁ:, excitation
signals that employ a triangular pulse are considered to
be more proper for synthesizing human-like natural voice
guality, since it has no discontinnities as ohserved in the
conventional rectangular pulse excitation. However, the
frequency characteristics of triangular pulses do ot meet
this required frequency characteristics for LPC vocoders,
especially in the high frequency region [6].

The graph (a} in the upper panel of Fig. 5 shows an
example of trinngular pulses for which main excitation
ratio (E£1) is 32/512) where main excitation ratio is de-
lined as a ratio of the largest to the fastest change in an
excitation signal, The frequency characteristic of the tri-
angular pulse is shown by graph [a) in the bottom panel
of Fig. 5 Apparently, the frequency characteristic de-
cays faster than =G dB/oct. In order to mitigate this
problem, a technicue called random fractal interpolation
whs devised [2]. It takes advantage of the random frac-
talness chserved in the source signals oltained lhy the
LPC inverse filtering. The curve [b) in the upper panel
of Fig. i shows an example of snch triangular pulses that
are modified by the proposed method. The lower panel
of Fig. & shows that the frequency characteristics of the
madified triangular pulse become more compliant with
the signal model of LPC vocoders, since it is approxi-
mately —6 dB/octave. The modified triangular pulse,
however, still maintains almost the same excitation ratio
as the original triangular pulse even after the frequency
characteriatics is changed.

Woice guality of synthesized speech changes as a fune-
tion of the excitation ratio [4). The smaller the excitation
ratic, the clearer is the voice, The larzer the excitation
ratio, the salter sounds the voice. In this implementa-
tion, the excitation ratio was determined to be inversely
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Figure 4 {a) Residual signal. (h) - [{) Reconstructed
signals in Ave subbands: (b level =1, (2] level =2, (d)}
level =3, [e) level =4, and (F) less than level =4,

proportional to the peakiness defined in Eq.(1) [4, 6].
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IV, THREE TYPES OF FLUCTUATIONS LN STEADY
VOICED SPEECH

Even in the most steady part of voiced speech, speech sig-
nals are not completely periodic. Fluetuations in piteh
period and in maximum amplitnde ave always ohserved.
In addition, waveform itself changes slightly from a pitch
period to a pitch period. These three types of fluctu-
ations are considered Lo be the contribmiting factors for
the naturalness of veiced speech [1, Our earlier study
indicates that pitch period fluctuwation and maximum
amplitude flunctuation can be modeled as 1/f fluctna-
tinn [1]. The model for waveform fluctuation can be sin-
Dy A white noise when excitation sipnals are regarded as
—G dB/foct [3]. When implementing these fuetuations in
the MELFP vocoder, the standard deviation for the piteh
period was set to 004 mnsec, and the coeffeient of varia-
tion was set to 7.5 %, The power ratio of the waveform
Buctuation to the modified triangular pulse was set to
=30 dlE. An “aperiodic lag” which indicares the peaki-
ness defined by Ee. (1) [6] was incorporated in the MELP

(a) |
0 120 ah& 384 Grd
discrete time

normalizad
amplitudes
(]
on

E 153._ ; I
E2m B Tl
25T 40— ()
E.g_‘-‘ EI:ll_ HH HEH ] = {a}
CEE T T
fragquancy

Figure 5 [a) Triangular pulse.
fractal interpolation.

(b} Result of random

vocoder, When the aperiodic Hag was true, the standard
deviation of pitch period Auctation was inerensed to (.1
mses,

V. IMPLEMENTATION OF MELP vOCODER

A block diagram for the synthesis stage of our MELP
vocoder is shown in Fig. G For the voiced speech, the
maodified triangnlar pulse was repeatedly concatenated to
aenerate periodic excitation signals. Then, the wavelet
transform was applied to the excitation signals. Using
the voiced /unvoiced information for each subband ob-
tained in the analysis stage, random wavelet coefficients
WEIE H[ir]{'!l:i. to HI]t'!h H'IIhl]H.I.'I["H 1'.]'I.H.|.'. ATe TI!IFL'I'.l'l.'Hl!i. HA -
vaiced.

This MELP vocoder was implemented on a DEP eval-
uation board (TMS320C62 7)), to confirm a feasibility
to execnle in real-time the MELFP vocoder as described
in this paper. The MELP vocoder was programmed in
C language. Compared with ordinary LPC vocoders, the
voice guality was more natural.  Buzeer-like volee was
also less poticeable, Three kiods of luctuations incorpo=
rated into our MELP vocoder have significantly enhanced
the naturalness, Even when all subbands are switched to
Lhe voiced excitation, no ngzer-like voice was heard. Es-
pecially, the naturalness of female speech which tends to
degrade with the ardinary LPC vocoder was remarkably

improwed,

VI, APPLICATIONS

An immediate application of the developed MELP
vorcader is to use it as a low bit-rate voice codec. when
compared with the conventional LPC vocoder and the 4.5
khips CELP vocoder commercially used in telephone com-
panies, the voice gquality of onr developed MELP vocoder
is comparable to superior even for voice spoken under
hoisy environment. The number of bits to be transmit-
ted within A time frame of 25 ms iz 60 hitz in total, in-
cliding 7 hits of gain, 7 bits of pitch information, & hits
of volced funveiced Hags {1 bit/band), 40 bits of 10 PAR-
COR coefficients, This is equivalent to 2 400 bps, which
is more compressed than the 4.8 kbps CELP. Technically
apeaking, a ThM5-320C62 200 MHe processor can handle
full duplex mede 2.4 kbps MELP at 83% of its com-
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Figure G: Blockdiagram of the synthesis stage of the MELP vocoder: (a) excitation for voiced speech, (1) speech

synthesizer.

putatioal capacity, allowing simultaneous voice analysis
(sending) and voice synthesis (receiving),

Another application under development is rule-hased
speech synthesis which intends to convert a text into
speech. The improved naturalness of our MELF vocoder
can offer high quality voice for text readers, which is one
of the multi-media modnlities that enhance nser friend-
liness in the networked computer envirenment. [1 has
heen so far found that MELP vocoder ontperforms other
vocoders in volced consonants such as fza), fif, fenf,
fref and feof often used in Japanese language. Since
volced consonants consist of periodic veiced speech and
aperiodic unvoiced sound, the MELP vocoder mixing
Lhese two kinds of excitation produces far more natiral
VOICE,

VI, ConcLuninG [REMAREKS

This study confirmed that mixing periodic and aperiodic
components in excitation signals consideralily enhanced
the naturaloness of the synthesized speech. Despite the
added features introduced based on the preceding re-
search efforts, i.e. inclusion of the fractal interpolation
and three types of fuctuations found in voiced speech.
the MELF vocoder was successfully implemented in its
entirety by nsing a TMAS20C62 DSP system. The sue-
cess largely owes the lifting scheme of the wavelet for its
computational efficiency in subband Gltering,
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